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ABSTRACT 
 
Up to this point, perceptual audio codecs have been evaluated according to ITU-R standards such as 
BS.1116-1 and BS.1534-1. The majority of these tests tend to measure the performance of audio codecs 
using only one perceptual attribute, namely the basic audio quality. This approach, although effective in 
terms of the assessment of the overall performance of codecs, does not provide any further information 
about the perceptual importance of different artifacts inherent to low-bit rate audio coding. Therefore in this 
study an alternative style of listening test was performed, investigating not only basic audio quality but also 
the perceptual significance of selected audio artifacts. The choice of the artifacts included in this 
investigation was inspired by the CD-ROM published by the AES Technical Committee on Audio Coding 
entitled “Perceptual Audio Coders: What to listen for”. 
 
1. INTRODUCTION 
Perceptual audio coders have become very popular with 
the advent of networked audio distribution, being used 
in many applications, such as digital audio broadcasting 
and music downloading. Tests on audio signals encoded 
using such systems have been performed by many 
different types of research and educational institutions.  
The European Broadcasting Union, for instance, 
performed their first listening tests on audio codecs in  
1999, with the results being published in the BPN 029 
document [1].  Due to the fact that the audio codec 
market evolved very rapidly, the EBU decided to carry 
out a new series of evaluations in 2001, publishing the 
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new results in document EBU Tech-3296 [2]. Both tests 
analyzed the performance of various codecs at different 
data rates such as 64 kbit/s and 48kbit/s for example, 
evaluating only the perceptual attribute known as basic 
audio quality. 
 
The Audio Engineering Society published in 2001 a 
tutorial CD-ROM on coding artifacts entitled 
“Perceptual Audio Coders: What to Listen For” [3]. 
This CD-ROM was developed by the AES Technical 
Committee on Audio Coding with the intention to 
present some perceptual effects that might appear in 
compressed audio signals. These artifacts and their 
perceptual importance, however, have not yet been 
evaluated systematically in listening tests. The principal 
aim of the experiment described in this paper is to 
determine the perceptual importance of some selected 
artifacts, trying to evaluate the performance of 
perceptual audio codecs beyond the basic audio quality 
audio attribute.  
 
The pilot experiment was based on a formal listening 
test involving a panel of expert listeners. The musical 
excerpts used in the listening tests included stereo 
recordings considered critical according to the results of 
previous tests performed on audio codecs. All of the 
recordings were selected from the “EBU – Sound 
Quality Assessment Material CD” [4]. The selected 
audio recordings were processed using custom written 
Matlab algorithms and commercially available low bit-
rate audio codecs. The listeners were asked not only to 
evaluate the audio quality of the processed audio 
material but also to evaluate its audio character using 
the following attributes: bandwidth limitation, ‘birdies’, 
spatial distortions, and temporal smearing. The selection 
of these attributes was inspired by the AES CD-ROM  
cited above. The rationale for this choice was based on 
the fact that perceptual artifacts related to bandwidth 
limitation, ‘birdies’, spatial distortion or temporal 
smearing are, according to the AES Technical 
Committee on Audio Coding, prevalent in low bit-rate 
coding. The artifacts typical for speech coding were 
discarded in this pilot test.  
 
The scores obtained from the listening tests were used 
as a basis for developing a regression model predicting 
the basic audio quality as a function of selected 
attributes listed above. Such a regression model makes 
it possible to estimate the perceptual significance of the 
investigated artifacts and, most importantly, their effects 
on the overall performance of low-bit rate codecs. It is 
hoped that the conclusions drawn will help not only 
developers but also researchers in the field of audio 
coding.  
2. SELECTION OF AUDIO MATERIAL 
 
The main criterion used to select the audio material was 
based in a previous test performed by the European 
Broadcasting Union. Therefore it was decided to use 
recordings considered in [5] as critical for both bit-rate 
reduction and artifacts generating. Three excerpts were 
used in the experiment as shown in Table 1: one for the 
training session and the other two for the tests. The 
duration of the excerpts was 10 seconds in average. 
 
Nr. Recording Justification 
(according to [5]) 
1 ABBA – The Visitors. 
 
Bit-rate reduction 
and stereophonic 
image. 
2 Eddie Rabbitt – Early 
in the Morning. 
 
Overload after 
processing and 
programme-
modulated noise. 
3 Charles Dutoit – 
Stravinsky:Le Sacre du 
Printemps/Symphony 
of Wind Instruments 
Bit-rate reduction 
and frequency 
response. 
 
 
Table 1 Audio Material used in the experiment. 
 
3. PROCESSING OF AUDIO MATERIAL 
 
The types of audio degradations used in this experiment 
were those related to the selected artifacts measured in 
the tests. Thus, it was decided to use two levels of each 
one of the artifacts, for instance, one excerpt with 
pronounced level of Temporal smearing and another 
one with intermediate level of the same artifact (see 
Table 2). The audio quality degradations used to 
generate Band Limitation, Temporal Smearing and 
Spatial Distortions were processed using  MATLAB 
whereas the Birdies effect was generated by using a 
freeware audio coder. Moreover, four different audio 
codecs tested in [2] were included in the experiment in 
order to measure the perceived importance of the tested 
artifacts in them. 
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Nr. Code Process Justification 
 
1 LPF3500 Low-pass 
filtering down 
to 3.5 kHz 
Extreme Band 
limitation. A 
recommended 
low-quality 
anchor 
according to [8] 
2 LPF7000 Low-pass 
filtering down 
to 7 kHz 
Perceptually 
intermediate 
distortion. A 
recommended 
intermediate 
quality anchor 
according to [8] 
3 Birdie1 Fs = 44.1 kHz 
Bit rate =  40 
kbit/s 
 
Pronounced 
level of birdies 
 
4 Birdie2 Fs=44.1 kHz 
Bit rate = 96 
kbit/s 
Intermediate 
level of birdies 
 
5 Sm1 Time of pre 
and post-
echoes = 0.2 s 
Pronounced 
level of temporal 
smearing 
6  Sm2 Time of pre 
and post-
echoes= 0.07 s 
Intermediate 
level of temporal 
smearing 
7 Mo Mono Pronounced loss 
of original stereo 
image  
8 SI 1 21 dB 
difference in 
the MS format 
S = (L-R)/256  
Intermediate 
loss of original 
stereo image 
9 SI2 6 db difference 
in the MS 
format 
 S = (L-R)/8 
Small loss of 
original stereo 
image 
10 Codec 1  
MP3 – 
Stereo – 
Dual 
Channel 
Bit rate = 16 
kbit/s 
Fs = 24 kHz 
Codec tested in 
[2]. 
11 Codec2  
WMA 
 
Bit rate = 32 
kbit/s 
Fs = 44.1 kHz 
 
Codec tested in 
[2]. 
12 Codec3 
MPEG – 
Joint Stereo  
 
Bit rate = 48 
kbit/s 
Fs = 44.1 kHz 
Codec tested in 
[2]. 
13 Codec4 
AAC+SBR 
Bit rate = 64 
kbit/s 
Fs = 44.1 kHz  
Codec tested in 
[2]. 
 
Table 2 Processing of Audio Material. 
 
4. EQUIPMENT AND ACOUSTICAL 
CONDITIONS 
Due to the fact that only stereo recordings were used in 
the experiment, two loudspeakers were arranged 
according to the EBU Tech-3276 [6]. The distance 
between the loudspeakers and the listening position was 
equal to 1.1m. 
The audio stimuli were played back with the use of a 
user interface created with Max/MSP software running 
on a Mac computer in a Mac OSX environment. The 
audio interface used to convert the audio signal was by 
Digidesign.  
The listening tests were conducted in Edit Room 2 of 
the Institute of Sound Recording, University of Surrey.  
The level alignment of the loudspeakers was carried out 
using pink noise as recommended in [7]. After 
measuring at the reference listening position with a 1/2” 
pressure microphone (Bruel & Kjaer, Type 4134), both 
channels were aligned relative to each other with a 
tolerance less than ± 0.25 dB SPL.  
The loudness equalization of all audio stimuli used in 
the experiment was performed according to the 
specifications presented in [7]. The average level of the 
presented stimuli was 73 dBA 
 
5. EXPERIMENTAL DESIGN 
Two types of listening sessions were employed in the 
experiment. The first part consisted of the evaluation of 
the Basic Audio Quality attribute of the audio material. 
Fifteen experienced listeners took part in this first part 
of the test. They were selected according to the 
guidelines contained in [7]. The double-blind multi-
stimulus test method with hidden reference and hidden 
anchors (MUSHRA) [8] was used in the BAQ part of 
the experiment. The main reason for this choice was its 
suitability for quick assessment and comparison 
between several audio stimuli. The subjects were asked 
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to evaluate any and all differences between the 
reference and the presented material according to a 
grading scale ranging from 0 to 100, as shown in 
Table 3. A short training session using the same 
MUSHRA interface was performed before the tests. 
This part of the test was performed in only one session 
with the presentation of fourteen audio stimuli of each 
of the two recordings (see Figure 1). The hidden 
reference, which is the original unprocessed original 
audio material with full bandwidth and the hidden 
anchor, which is a low-pass filtered version of the 
unprocessed signal with a bandwidth of 3.5 kHz, were 
also included among the audio stimuli.  In order to 
avoid the carry-over effect, both the order of the 
recordings and the order of the stimuli were 
randomized. 
 
Quality Grading range 
Excellent 80-100 
Good 60-80 
Fair 40-60 
Poor 20-40 
Bad 0-20 
Table 3 Grading scale used in the first part of the 
experiment. 
 
 
Figure 1: Interface used in the Basic Audio Quality part 
of the experiment. 
In the second part of the experiment, seven listeners 
were asked to evaluate the strength of each one of the 
four direct attributes in the audio stimuli presented. The 
grading scale used in this part of the tests was 
recommended by [9]. It ranged from “Not at all” to 
“Extremely” (see Table 4). There was also a training 
session in this part of the experiment. Here the listeners 
had the opportunity to get familiar with the four artifacts 
that were under evaluation (see Figure 2). The question 
“This sound is…” (see Figure 3) was posted for each of 
the attributes. The subjects were asked to answer the 
cited question. Fourteen audio stimuli used in each one 
of the two parts of this session, including the hidden 
reference and the hidden anchor were evaluated. The 
session was divided by recording excerpt. Both the 
order of the sessions and the order of the presentation of 
the audio material were randomized. 
Not at all: ___:___:___:___:___:___:___: Extremely 
Table 4 Grading scale used in the second part of the 
experiment. 
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Figure 2: Interface used in the training session of the 
Direct Attributes part of the experiment. 
 
 
Figure 3: Interface used in the Direct Attributes part of 
the experiment. 
 
6. DATA ANALYSIS 
The obtained results were analyzed using the following 
scheme. Firstly, the raw data was examined in order to 
verify the occurrence of inconsistencies. Discrepancies 
were observed between the data obtained from listener 
nº.1 and his/her evaluation of the Spatial Distortions 
attribute and the appraisal made by the other subjects 
(see Figure 4). Therefore, it was decided to discard 
these data.  
 
Figure 4: Results for Spatial Distortions by listener. 
After the post-screening procedure, a general overview 
of the results was examined. Following this, a 
regression analysis model was developed in order to 
estimate the perceptual significance of the investigated 
artifacts. Therefore a linear regression was performed 
starting with the aggregation of the data obtained. After 
that, a correlation analysis was executed. Following this 
procedure, a linear regression was implemented in order 
to achieve the equation that aims to predict the Basic 
Audio Quality attribute. All the data analysis processes 
were done using SPSS 13.0 for Windows.   
 
6.1. General Overview of the Results 
The results for Basic Audio Quality by Audio Process 
showed that both the Birdies and the Temporal 
Smearing artifacts were considered as being the ones 
that most affected the perceived basic audio quality. On 
the other hand, the Spatial Distortion effect was judged, 
as shown in Figure 5, as the least important in terms of 
influencing the basic audio quality.  
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Figure 5: Results for Basic Audio Quality by Audio 
Process (Error bars show 95% CI of mean). 
Regarding the results obtained for individual recordings 
(see Figures 6 and 7); the most relevant differences 
were found in the scores assigned to the Spatial 
Distortions attribute. These scores denote that the 
Spatial Distortions effect (Mono, SI1 and SI2) was 
perceived with more intensity in the first recording 
(Abba) than in the second one (Rabbitt). This fact can 
be justified by the suggested application indicated in 
[5], which states that this recording would be suitable 
for revealing stereophonic imaging artifacts.  
 
Figure 6: Results for Basic Audio Quality by Recording 
nº 1 (Abba). 
 
 
Figure 7: Results for Basic Audio Quality by Recording 
nº 2 (Rabbitt). 
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As above mentioned, the grading scale used in the 
Direct Attributes part of experiment ranged from “Not 
at all” to “Extremely” in which values from 1 to 7 were 
assigned to each one of the seven grades of the scale. 
Hence, if a listener indicated the strength of a particular 
artifact as extreme, a value of 7 would be computed for 
that selection.  In the specific case of the Band 
Limitation effect, the results show that the codec with 
the lowest data rate (co1) was designated as being the 
one with the greatest strength of the referred artifact 
(see Figure 8). 
 
Figure 8: Results for the Band Limitation attribute by 
Audio Process (Error bars show 95.0% CI of mean). 
Both processed audio files containing Birdies (Birdie1 
and Birdie2) and the codec with the lowest bit rate (co1) 
were considered the audio excerpts with the most 
pronounced level of the Birdies artifact, as shown in 
Figure 9. 
 
Figure 9: Results for the Birdies attribute by Audio 
Process (Error bars show 95.0% CI of mean). 
The results obtained for the Temporal Smearing 
attribute showed that the subjects judged both audio 
stimuli, the one with pronounced level (Sm1) and the 
one with moderate level (Sm2) of the referred effect as 
being the ones most affected by it, as illustrated in 
Figure 10. 
 
Figure 10: Results for the Temporal Smearing attribute 
by Audio Process (Error bars show 95.0% CI of mean). 
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The results presented for Spatial Distortions (Figure 
11) denoted the incidence of the artifact in the lowest 
data rate codec (co1) as well as in the audio excerpts 
that were processed with the intention of generating 
the Temporal Smearing effect (Sm1 and Sm2). 
However, the audio stimuli containing Spatial 
Distortions such as the one with pronounced loss of 
stereo image (Mono) were not judged as being the 
ones with more presence of the artifact. 
6.2. Regression Analysis 
The correlation analysis (Table 5) denoted a 
moderate difference for the distinct attributes. The 
coefficients are small and show that the predictors 
measured different things, which indicates that the 
subjects understood the differences and focused on 
analyzing the strength of each particular effect. 
The regression model summary provides a value of 
.959 for R which represents the correlation between 
the predicted BAQ and the actual BAQ.  The value of 
R² is .919 which implies that the model is capable of 
predicting 92% of variance of the BAQ scores. This 
means that only 8% of the variance of the actual 
BAQ cannot be predicted by our model. Therefore it 
can be inferred from the data presented in Table 6 
that the correlation between predicted BAQ and the 
actual scores obtained in the listening tests can be 
considered excellent. 
 
Figure 11: Results for the Spatial Distortions attribute 
by Audio Process (Error bars show 95.0% CI of 
mean). 
 
 
Table 5 The correlation analysis. 
Marins et al. Selected Artifacts and BAQ in Audio Codecs
 
AES 120th Convention, Paris, France, 2006 May 20–23 
Page 9 of 11 
According to [10], in terms of regression analysis, a 
parameter is considered significant if its significance 
level p is smaller than 0.05. In our model, the 
significance levels for all parameters obtained were not 
greater than the cited value (see Table 6). Therefore, 
they all are statistically significant and should be 
included in the regression equation. Thus, the equation 
for unstandardized coefficients would be: 
BAQ = 1.8 Band Limitation + 1.3 Birdies + 2.2 
Temporal Smearing + 2.1 Spatial Distortions + 6.7 
 
Table 6 The regression model summary. 
 
Although this equation would be useful for calculating 
predicted BAQ scores, it would not be suitable for 
finding psychoacoustical relationships between 
variables due to units mismatches [10].  Hence, the 
equation based on standardized coefficients had to be 
used for the predicted BAQ. 
BAQ = – 0.58 Band Limitation – 0.23 Birdies – 0.64 
Temporal Smearing – 0.18 Spatial Distortions 
The negative coefficients found for all attributes are due 
to the scale used in the second part of the experiment. 
As above mentioned, in that scale values ranging from 1 
(“Not at all”) to 7 (“Extremely”) were assigned 
according to the perception of the strength of a 
particular attribute. Therefore, the greater the value of 
the artifact the greater would be its strength. Thus it can 
be deduced that the Temporal Smearing was the artifact 
that affected the basic audio quality of the recordings 
the most followed by Band Limitation, Birdies and 
Spatial Distortions, as shown in Table 7. 
 
Table 7 The regression coefficients. 
 
 
Marins et al. Selected Artifacts and BAQ in Audio Codecs
 
AES 120th Convention, Paris, France, 2006 May 20–23 
Page 10 of 11 
7. DISCUSSION 
As mentioned above, the artifact that most affected the 
basic audio quality was Temporal Smearing. This fact 
was against our expectations since before performing 
the tests we assumed that the Birdies artifact would be 
considered the most annoying one. In addition, some 
attributes can be considered as being “strong” whilst 
others can be classified as “weak” since the absolute 
values assigned for Band Limitation and Temporal 
Smearing were larger (“stronger”) than the ones 
assigned for Birdies and Spatial Distortions (“weaker”). 
As presented in Figure 12, there were no large 
differences between the values obtained for the 
predicted Basic Audio Quality and the actual BAQ and 
consequently the regression model obtained in this 
study can be considered as relatively accurate. 
 
 
Figure 12: Predicted BAQ scores versus actual BAQ 
scores (Diagonal shows the y=x line). 
8. CONCLUSIONS 
The relationship between some typical codec artifacts 
and basic audio quality in perceptual coders was 
investigated. This was done through formal listening 
tests by a panel of expert subjects.   
This approach can be considered innovative because it 
was not only limited to the basic audio quality 
attributes. Moreover, although the artifacts analyzed in 
this paper have been thoroughly discussed, their 
perceptual significance had not yet been properly 
investigated. 
The results obtained for the predicted basic audio 
quality can lead to the conclusion that the perceptual 
significance measured was not the same for all the 
artifacts analyzed. Temporal Smearing and Band 
Limitation, for instance, were considered the ones that 
most affected the overall quality of the audio material 
whereas Birdies and Spatial Distortions were, according 
to our experiment, the ones that affected the basic audio 
quality the least. 
Developers in the field of audio coding can use this 
study when dealing with the artifacts investigated here. 
They, when designing their codecs, could for instance 
make a trade-off between the effects considered as 
“strong” and the ones considered as “weak” in terms of 
their effect on basic audio quality. 
However, the results found in this paper were arrived at 
after using only a few audio stimuli and a small group 
of listeners.  Therefore, despite the novelty of this work, 
it can be inferred that further research in this area is still 
needed in order estimate with even more precision the 
impact of these and other selected artifacts on the basic 
audio quality of perceptual audio codecs.  
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